Sound field behavior in performance spaces is a complex phenomenon. Issues regarding coupled spaces present additional concerns due to sound energy exchanges. Coupled volume concert halls have been of increasing interest in recent decades because this architectural principle offers the possibility to modify the hall's acoustical environment in a passive way by modifying the coupling area. Under specific conditions, the use of coupled reverberation chambers can provide non-exponential sound energy decay in the main room, resulting in both high clarity and long reverberation which are antagonistic parameters in a single volume room. Previous studies have proposed various sound energy decay models based on statistical acoustics and diffusion theory. Statistical acoustics assumes a perfectly uniform sound field within a given room whereas measurements show an attenuation of energy with increasing source-receiver distance. While previously proposed models based on diffusion theory use numerical solvers, the present study proposes a heuristic model of sound energy behavior based on an analytical solution of the commonly used diffusion equation and physically justified approximations. This model is validated by means of comparisons to scale model measurements and numerical geometrical acoustics simulations, both applied to the same simple concert hall geometry.
I. INTRODUCTION
Prediction of sound field behavior in coupled volumes is of interest since this architectural feature is often met in everyday life: Large corridors linking smaller rooms, various connected rooms in factories, naves and side galleries in churches, stage houses in theaters, concert halls with acoustic reverberation or control chambers. These situations raise different issues concerning acoustics, from noise control to speech and music quality, depending on the function of the space. In each case a fine knowledge of sound field behavior is required for adapting the acoustical design to the functions of the venue. Therefore, prediction tools adapted to coupled volumes are necessary and various methods have been developed leading to more or less accurate results.
Among the available means for predicting the sound field behavior in coupled volumes one can use numerical methods based on geometrical or wave approaches, scale model measurements, or analytical expressions, each offering various levels of detail. This paper presents a theoretical model based on statistical acoustics and diffusion theory, with experimental validation through scale model measurements and comparisons made relative to simulations using geometrical acoustics software.
A. Previous research
Among previous studies, two main model types are commonly used to describe sound energy decay in closed coupled spaces.
Statistical models are based on the diffuse sound field hypothesis developed by Sabine. 1 Pioneering studies by Davis 2 and Eyring 3 have proposed analytical models which describe the sound energy decay in a system of two coupled rooms. These results have been generalized for N coupled rooms and refined successively. [4] [5] [6] [7] [8] A model of energy density with spatial dependence without temporal component in the context of coupled rooms was introduced by Summers et al. 8 based on Barron's Revised Theory. 9 More recently, Summers 10 proposed another statistical model, accounting for time delay of energy transfer between coupled rooms, which tends to include a spatial component in the statistical model through consideration of travel time between rooms. Furthermore, a model describing sound energy decay in churches has been proposed by Martellotta, 11 using a sum of decaying exponential functions whose arguments are both time and space. Finally, a similar model combining spatial and temporal statistical decays in coupled volume concert halls with reverberation chambers has been recently presented. 12 Diffusion theory was introduced in room acoustics by Ollendorff 13 and later continued by Picaut et al. 14 based on the idea that sound particles behave as fluid particles which collide into scattering objects within a propagation medium. 15 A recent study 16 derived the diffusion equation for room acoustics from a radiative transfer model, borrowed from optics. This model can be developed under the assumption that spatial and temporal scales relative to the investigated acoustic phenomena allow for considering diffusion on boundaries as continuous and non-localized. Hence, this phenomenon is similar to diffusion within the entire volume. Another model based on the diffusion equation has been developed for single rooms in the case of cubic-like, long, or flat spaces. 17 Each approach propose a solution to the diffusion partial differential equation. Sound field modeling in coupled rooms with the diffusion equation has been proposed 18 with various absorption conditions, 19, 20 coupling through partition walls, 21 and compared to scale model measurements. 22 A recent paper 23 investigated the effect of aperture size and receiver position in coupled spaces, which are both used in the present paper as means of validation of the proposed analytical model. Contrary to the present study, these studies 17, 19, [21] [22] [23] considered separate equations to describe sound behavior in the considered domain and on its surface; results were obtained using numerical solvers: Most of these studies used finite element software and the use of finite difference schemes has been introduced recently. 24 
B. The present study
The present study proposes a heuristic model of sound energy variation based on a parametric analytical solution of the diffusion equation for single volume rooms and a hybrid numerical implementation for coupled volume rooms. This approach allows for a simple and fast representation of sound fields in single or coupled volume rooms. The proposed model estimates spatial sound energy decay in rooms based on source-receiver distance in steady state conditions and this sound energy level can then be considered as the initial level of temporal sound energy decay at each receiving position. Furthermore, the proposed analytical solution and its implementation require only one expression since the boundary conditions are embodied in a spatial diffusion term and a temporal damping term. As a consequence, simple calculation means can be used and performed in reduced time. Finally, this model is validated through comparisons with scale model measurements and numerical geometric methods, namely ray-tracing simulations, for various source-receiver arrangements and coupling area conditions. Results match those presented in a previous study 23 and additional configurations are tested, leading to new considerations on sound field in coupled spaces. This paper is organized as follows: Section II presents the proposed analytical model based on the diffusion equation as well as the implementation adapted to coupled spaces. Section III describes the acoustical parameters used to quantify coupled impulse responses. Section IV presents the comparisons performed between the proposed model, measurements in a scale model, and ray-tracing simulations regarding two different issues: Distance variation between source, receiver, and coupling area, as well as coupling area variation. Section V is a general discussion of the results and Sec. VI concludes the paper.
II. PROPOSED MODEL
The proposed model is derived from the diffusion equation adapted to room acoustics. This theoretical context is based on the hypothesis of uniform distribution of scattering by objects within the volume under study, namely the walls of the room, which are supposed to be diffusely reflecting. This is a parametric model of energy density w(r, t) which can be adapted to a large variety of room morphologies, absorption conditions, and source-receiver arrangements.
A. Diffusion equation
The diffusion equation adapted to room acoustics describes energy flow from higher to lower density areas and can be written as follows:
where D is the diffusion coefficient, linked to the spatial variation term, and the coefficient r is related to the mean absorption a as shown in Eq. (3). Introducing the mean free path between two collisions k ¼ 4V/S makes it possible to express coefficients D and r which are related to the room volume and total surface area. F(r, t) is an arbitrary acoustic source term
Previous studies have shown that the absorption term r can take alternative expressions that lead to more accurate results, especially for high boundary absorption. These expressions are obtained for example by replacing the Sabine absorption coefficient by the Eyring coefficient 19 or by a recently proposed alternative coefficient 20 reported as being more accurate for high global absorption conditions. Using such mean absorption coefficients might be less precise than when using distributed absorption within a numerical resolution of the diffusion equation.
B. Proposed solution
The proposed model of spatial and temporal sound energy decay can be written as Eq. (4), inspired by the steady-state solution of the diffusion equation derived in a two-dimensional case
where r ¼ kr -r s k is the source-receiver distance, e is the spatial decay constant, c is the temporal decay constant relative to sound absorption, c is the speed of sound, and a and b are positive real constant numbers to be adapted to each situation.
The ratio a/b expresses the importance of the spatial decay as compared to the purely temporal statistical decay and can be referred to as the diffuse-to-statistical ratio. This point will be discussed in Sec. II C. For t < ðr=cÞ, the sound energy density has its maximum value such that w(r, t) ¼ w(r) corresponding to a steady state excitation. Function H is the Heaviside step function, standing for the fact that sound propagation requires a certain time to cover the source-receiver distance and reach the receiver position. Therefore, the temporal energy decay begins for each receiver with a time delay Dt ¼ ðr=cÞ after the cutoff of sound emission. Furthermore, in classical statistical theory, as no spatial variation is considered, the power density balance equation is equivalent to the diffusion equation without the Laplacian term, as written in Eq. (5) for a steady state cutoff excitation. The solution of such an ordinary differential equation is a simple decaying exponential as in Eq. (6)
This simple relation between diffusion and classical statistical theories shows that the absorption term is the same in both cases which means that c ¼ r. Hence, the diffusion equation can be considered as a higher order statistical model of sound field behavior in an enclosure, accounting for spatial energy variation. Considering steady state conditions, the energy density no longer depends on time. If the sound source is considered as a point source, then the source term can be written as the product of the source power and a spatial delta Dirac function F(r, t) ¼ P(t)d(r). Thus, the stationary diffusion equation becomes Eq. (7) and the proposed energy density can be expressed as in Eq. (8)
The Laplace operator in spherical coordinates applied to steady state energy density is expressed as Eq. (9)
Equation (7) can then be integrated over a sphere, whose radius is the mean distance between the source and the walls, centered on the sound source using Ostrogradsky's theorem in spherical coordinates such that dV ¼ dr 3 ¼ r 2 sinhdrdhd/. As a result, the first and second terms of Eq. (7) become Eqs. (10) and (11) ð
Thus, integrating of the whole Eq. (7) leads to
which is verified for specific values of parameters e, a, and b.
In fact, the quantity D À ðr=e 2 Þ must vanish so that the exponential term disappears when r ! 1, which leads to e 2 ¼ ðr=DÞ and 4paðr=e 2 Þ þ rbV ¼ P. The spatial decay parameter e is then expressed in terms of the absorption and diffusion coefficients, and a theoretical relation is given between the magnitude parameters a and b. The first term of this equation does not account directly for the room's surface and volume because parameters a and b are empirically estimated.
Hence, the diffusion model proposed here can be written as Eq. (13), depending on the diffusion and absorption coefficients defined in Eqs. (2) and (3)
C. Asymptotic cases
Near field case
The proposed model is a sum of two terms whose relative weights are given by parameters a and b. As previously mentioned, these parameters represent the spatially dependent term and the Sabine term, respectively. Previous studies have proposed analytical models for which the sound energy density depends on space, particularly the source-receiver distance. 9 Measurements in concert halls, 25 churches, 26 and scale models 27 have confirmed that sound field energy density decays with increasing distance from the sound source. This phenomenon is particularly observable within a radius such that
Within this perimeter where r is relatively small, the term governed by parameter a is predominant and the sound energy density can be approximated as
2. Far field case
In special cases, the diffuse sound field hypothesis can be asymptotically met, typically requiring highly reverberant environments where absorption is very low, 1 such as reverberant chambers built to measure material absorption characteristics or some churches. 28 The application domain can be extended to various venues considering only the late part of the sound energy decay and large source-receiver distances, i.e., assuming the condition b ) ða=rÞexpðÀ ffiffiffiffiffiffiffiffiffiffiffiffiffiffi ffi ðr=DÞr p Þ. The proposed model becomes Eq. (15) for which the spatial component only appears through the delay term, making it the only difference relative to the traditional Sabinian sound decay model
D. Implementation and configuration for coupled spaces
The intention of this numerical implementation is to use the proposed model in combination with the classical statistical theory. Initial energy levels are estimated in each room for steady state excitation conditions and temporal decays are further calculated at each receiver position. Acoustical coupling is taken into account through the initial sound level of each slope within the curved decay, estimated with respect to the coupling factor from statistical theory. Calculation of sound decay is performed in several steps.
(1) Estimation of uniform sound energy density in each room with respect to the approach proposed by Cremer et al., 5 governed by parameter b of the proposed model. At this point, there is no spatial energy variation within a room. The difference of energy level between the rooms is due to the size of the coupling area and the overall absorption of each room.
(2) Addition of sound energy density depending on sourcereceiver distance in the main room, according to parameter a. This term introduces the first effect relative to sound energy variation, according to source-receiver distance. (3) Addition of sound energy density relative to the energy returned from the adjoining volumes, depending on aperture-receiver distance and corresponding to an additional slope within the energy decay curve. This term also influences spatial energy variation in the main room. (4) Normalization of the obtained energy decay curve.
The numerical implementation used in the present study relies on Eq. (16), accounting for each of the aforementioned points in the case of two coupled rooms
where E 0i are the initial sound energy levels in each room estimated by Cremer's approach 5 in steady state, r SR and r AR are the source-receiver and aperture-receiver distances, respectively, r is the temporal energy decay rate, and e ¼ ffiffiffiffiffiffiffiffiffiffiffiffi ffi ðr=DÞ p stands for the spatial decay rate with r and D defined in Eqs. (2) and (3). Coefficients a and b were estimated by comparing spatial energy variation over the 30 receiver positions with scale model measurements in a single room configuration so that the model matches the measured energy. In the present case, the relative value of these coefficients is a ¼ 50 b. In fact, these parameters are used to express the relative importance of spatial and temporal decaying exponential terms. Thus, configuring the model can be done by fixing b and varying a so that the model best matches measurements.
An example is performed for a rectangular main room whose architectural and acoustical specifications are listed in Table I and illustrated in Fig. 1 . The coupling area is S c ¼ 137 m 2 which is 3% of the total surface of the main room (S 1 ¼ 4560 m 2 ) and 32% of the area of the wall (S w ¼ 432 m 2 ) separating the main room and the chamber. This configuration results in a clearly curved temporal energy decay and a noticeable sound level variation throughout the considered space. Figure 1 shows the results of this example, where the reverberation chamber is placed on one side of the main room as often encountered in coupled volume concert halls. A map of sound energy level as well as the temporal sound energy decay at a chosen point and spatial sound energy decay along a line of receivers can be determined. The same calculation can be repeated for various aperture sizes or for additional secondary volumes in order to obtain sound energy decays with more than two slopes.
III. QUANTIFICATION OF NON-EXPONENTIAL IMPULSE RESPONSES
Precise quantification of non-exponential impulse responses is necessary for their characterization and in order to compare various cases. This study employs the Marching Line method 29 to estimate appropriate acoustical parameters. These quantifiers are the decay time (DT i ) of each slope within the curved decay, evaluated to À60 dB, and the time and level (BP t i ; BP L i ) of the point on the decay curve between consecutive slopes, called the bending point, as illustrated in Fig. 2 . The method is based on a recursive algorithm which calculates root-mean-square (rms) deviations between Schroeder's backward integration 30 [or reverse integrated curve (RIC), Eq. (17)] of impulse responses expressed in decibels and step-wise linear regressions. The RIC is calculated as follows:
where p is the sound pressure of an impulse response. The first point of the RIC is defined as the point at À0.1 dB below the maximum of the normalized RIC. Linear regressions are successively estimated between this point and a progressively descending point at each iteration, increasing the length of the linear regression. The rms deviation between the RIC and the linear regression also increases until a threshold is reached and iterations are stopped. The linear regression is then stored as a detected straight portion of the RIC if it decays over a minimum of 10 dB to ensure a substantial slope. If it is not the case, input parameters of the algorithm have to be changed. The starting point for the second slope is defined at 10 dB below the last point of the first slope in order to avoid the curved part of energy decay curve. Iterations are then calculated in the same manner until the rms deviation threshold is reached again. Bending points are estimated as the closest point on the decay curve to the intersection point of these successive linear regressions.
IV. COMPARISON OF THE MODEL TO MEASUREMENTS AND SIMULATIONS
Predictions from the proposed model have been compared to measurements in an acoustical scale model and simulations achieved with CATT-Acoustic software (version v9.0a, TUCT v1.0g release). Various configurations of source-receiver arrangement and coupling area have been investigated. Special attention was paid to temporal energy decays at various receiving points, including near and far positions relative to the sound source as well as total energy variation through the space. Comparisons are quantified using rms deviation for various quantities according to the following equation:
with N the number of receivers, X the compared value, and X ref the reference, or standard value. In the following, X is either one of the acoustical parameters or the total energy value.
A. Physical and digital models
The architectural model has dimensions and acoustical characteristics (Table I ) of a typical large concert hall, although the reverberation time (RT) is quite high in the chamber, as compared to generally encountered values in coupled volume concert halls. 31 The differences with the earlier example in Sec. II D is the location of the reverberation chamber, here placed behind the stage, and the fact that opposing walls are not perfectly parallel. This position for the reverberation chamber was chosen to highlight the effects of source/receiver/aperture distance variations, as the source could be placed at either end of the model without altering the alignment configurations of all other elements. The hall has a shoebox-like overall geometry, at full scale and 1:20 scale for the numerical and physical models, respectively. The plans in Fig. 3 show that most opposite walls are not parallel but are slightly angled For the scale model, the sound source was a miniature dodecahedral loudspeaker array (model 3D-032, Dr-Three), the receivers were DPA 4060 microphones, and the audio interface was a RME Fireface 800. While this data acquisition system was designed to work within the audible frequency range, it provided a usable signal up to 50 kHz, corresponding to the frequency band centered on 2 kHz at full scale. This equipment has been used in previous acoustical studies, including measurements in the scale model of the future Philharmonie de Paris concert hall. 32 The obtained signal-to-noise ratio was greater than typically achievable by classical scale model measurement equipment, which is extremely important when studying coupled space acoustics and to detect late slopes at low energy levels. Due to both the upper frequency limit caused by scale model measurements, the lower frequency limit caused by the use of raytracing, and the fact that coupling effect is stronger at lowand mid-frequencies, this study therefore only compares results for the 500 Hz centered octave band.
The numerical model reproduced the scale model specifications in terms of dimensions and wall absorption, as presented in Table II . The wall absorption was defined per octave band so that RTs matched those calculated from measurements in the uncoupled rooms. The assumption was made that the scale model was globally highly diffusive because walls were covered by a material made of braided fibers presenting depth variations of 0.8 cm, which is a quarter wavelength at 10 kHz (i.e., 500 Hz at 1:20 scale). In addition, the large curved reflectors increased the diffusion of sound field in the scale model. Therefore, in ray-tracing simulations where these reflectors did not appear, wall surfaces were assigned Lambert coefficients as high as feasible, up to 70% as the maximum value as recommended by Rindel. 33 Scattering was also taken into account for the first order reflections ("max split-order ¼ 1"). As a result, both scale model, ray-tracing simulations, and the diffusion model presented a high level of sound diffusion so that comparisons were possible between one another.
CATT-Acoustic v9.0a, TUCT v1.0g release, proposes three different algorithms, increasing the results precision, to handle acoustic simulations in various venues. The number of rays is an important issue when dealing with coupled spaces because a sufficient number must enter the secondary chamber to provide a second slope in the energy decay. A preliminary comparison between impulse responses conducted from measurements and simulations using 10 5 and 10 6 rays per octave bands in TUCT's algorithm 1, and 10 5 rays in algorithm 2, all other conditions remaining unchanged, has shown that results were closer to measurements when using 10 6 rays with algorithm 1. These settings were chosen for the present study. Results presented here focus on the octave band centered on 500 Hz which is a compromise between mid-and low-frequencies where coupling effect is stronger, providing clear observations of the encountered phenomena.
B. Source-receiver arrangements
The sound source was placed at one end of the main room, which represents the stage location. Two configurations have been tested: The source placed next to the coupling area (referred to as configuration Src. 1), 5 m away from it, and at the opposite end (Src. 2), 5 m away from the rear wall, as illustrated in Fig. 3 . These configurations allowed for testing various relative proportions of time delay and sound energy level between the direct sound and late reverberation from the chamber, depending on the receiver location. A total of 30 receivers were placed with 1 m step along the line represented in Fig. 3 , allowing for measurements with source-receiver distances from 7 to 36 m in order to observe the effect of distance between the triplet of source, coupling area, and receiver since the proposed analytical model includes distance variation. The square coupling area was set to S c /S 1 ¼ 1% in order to provide energy decay curves with two distinct slopes. Figure 5 shows the temporal energy decay curves estimated by the proposed analytical model as well as those from measurements and numerical simulations for the two sound source positions, individually normalized. In both cases, the second slope increases in level with increasing source-receiver distance (from darker to lighter curves). Furthermore, the main difference observed by the change of source position is the variation in late energy decay levels. If the source is placed near the coupling area (upper row in Fig. 5 ), the second slope of the energy decay curves obtained along the line of receivers lie within a range of 10 dB of dynamics. This range of levels is much greater if the source is placed at the opposite side of the room (lower row in Fig. 5 ). This difference of dynamics can be explained by the time required for sound energy to reach the chamber from source position 1 or 2 and then to reach receivers from the chamber.
Sound energy decays

Acoustical parameters
The resulting energy decay curves have been analyzed using the previously mentioned Marching Line method which estimates acoustical parameters adapted to multislope decays. Figure 6 shows the results for early and late decay times (DT 1 and DT 2 ) as well as the bending point time and level (BP t and BP L ) for each receiver.
Decay times are difficult to analyze precisely on the jagged energy decays obtained from measurements and simulations. Results present a degree of variability between successive receivers while no particular tendency is found. Table III shows the standard deviation for the series of acoustical parameters and the numerical simulations appear to be more variable than measurements, particularly for DT 1 and DT 2 . Standard deviation for the analytical model is smaller, as compared to measurements and ray-tracing simulations. The analytical model presents almost constant decay times over all receivers because its temporal decay rates, governed by the argument of the temporal decaying exponential in Eq. (4), are based on the classical statistical theory for which the temporal decay rate is homogeneous throughout the volume and depends on architectural parameters only.
Bending point results show different trends depending on source position. While the bending point does not vary much in the time-level space when the sound source is near the coupling area (Src. 1), strong variations are observed when the source is placed at the opposite end of the room (Src. 2). The trend observed in Fig. 5 is confirmed by acoustical parameters in Fig. 6 and certain agreement is found between the proposed model, measurements, and ray-tracing simulations, especially for estimation of the bending point level, as shown in Table IV , where rms deviations for the acoustical parameters are presented. BP t of the analytical model is generally greater than values of measurements and simulations, except at the furthest receivers in the scale model, and follow the same decreasing tendency at Src. 2. This means that the second slope appears later in time for the analytical model. The arrival time of the second slope is determined by its initial level and the decay rate is estimated by Sabine's theory. Hence the observed time difference might be due to the initial level estimation in each room which is based on distances between the source, receiver, and coupling area. If the receiver is close to the source and far from the aperture, the second slope will appear later than in the case of a receiver closer to the aperture. The aperture is approximated here as a point source, placed at the center of the modeled coupling area. The observed discrepancies for BP t might also be due to a slight overestimation of spatial decrease of sound energy.
Results for BP L are in good agreement, especially for the analytical model and ray-tracing simulations in configuration Src. 2. In configuration Src. 1, the bending point is found at a lower level for simulations than for measurements and the analytical model because of the stronger direct sound, observable in Fig. 5 , which lowers the decay curves by about 10 dB. This level also corresponds to the difference observed in BP L values.
The rms deviation values in Table IV show that the closest couple within the triplet analytical model/measurements/ numerical simulations is "Mod./Meas." for Src. 1 and "Sim./Mod." or "Mod./Meas." for Src. 2 depending on the parameter. This confirms the visual information in Fig. 6 : Results from the analytical model lie between those from measurements and numerical simulations, which tends to validate the use of this model in coupled volume geometry.
A previous study 23 has compared coupled room scale model measurements and numerical resolution of the diffusion equation. The obtained bending point times (BP t ) exhibited differences on the order of a few mean free times (MFTs, time required to travel the mean free path k ¼ 4V=S). The results of the present study are in agreement: The average difference of BP t from the model and from measurements and simulations is 112 ms, which is about 2 MFT (k ¼ 17 m, MFT ¼ 49 ms). As mentioned in the previous study, this time interval is of the same order as the early reflections duration, before reverberation occurs. The main difference with the present study lies in the fact that BP t is longer for measurements, whereas here BP t is longer for the diffusion model.
Total energy
Total sound energy can be calculated at each receiver position as the sum of squared sound pressure of the whole impulse response. In order to compare impulse responses from measurements and ray-tracing simulations with the analytical model which does not provide impulse responses but energy decay curves, the total sound energy is estimated as follows, based on the RIC: (Fig. 6 ) and total energy (Fig. 7) between couples of the triplet analytical model (Mod.)/measurements (Meas.)/ray-tracing simulations (Sim.) over all receivers. where RIC can be either energy density from the model or backward integration of squared sound pressure of impulse responses from measurements and ray-tracing simulations.
The rms deviations presented in Table IV for comparison of two elements of the triplet [analytical model/measurements/ ray-tracing simulations] are on the order of 1 dB. The smallest differences are found in configuration Src. 1 where rms deviation values are inferior to 1 dB. For both Src. 1 and Src. 2, the analytical model is closer to numerical simulations in terms of rms deviation. The spatial energy decay is presented in Fig. 7 for both sound source positions. Results cannot be compared to Barron's Revised Theory 9 because the latter is only valid for single uncoupled enclosures as it does not account for the amount of energy returned from the chamber back to the main room. The energy evolution as a function of distance is similar between the analytical model and numerical simulations exhibiting curved profiles while measurement results present a linear evolution in configuration Src. 1. The behavior of sound energy is also different for receivers distant from the source in configuration Src. 2, which are nearer to the chamber aperture. Energy returned back from the chamber in this area, where energy fluxes cross 34 and diffraction phenomenon are likely to happen near the coupling area edges, is modeled by different methods, based on statistical or geometrical acoustics, and therefore leads to different results.
C. Coupling area variation
Several sizes of aperture have been tested in order to compare the analytical model with measured and simulated data. The coupling aperture area can be expressed as a percent of the inner surface of the main room as well as a percent of the separating wall between the main room and the reverberation chamber. Two sizes of aperture were tested in the scale model, with S c ¼ 0.5% and 1% of the main room surface area S 1 . Larger coupling areas have been implemented with the proposed model as well as with ray-tracing to extend the tested range up to S c /S 1 ¼ 4%. The source was 5 m from the coupling area and 5 m to the side of the central axis of the room, at coordinates (X ¼ 5; Y ¼ 17). A total of six receivers were placed along the center line (see Fig. 3 ) at 6 m intervals, the first receiver at 7 m from the sound source. Source-receiver distances therefore varied from 7 to 37 m.
Results from the analytical model (see Fig. 8 ) show that smaller coupling areas (darker curves) lead to temporal energy decay curves with two distinct slopes of different decay rates, the second slope appearing at lower level, between À20 and À30 dB in this example. In contrast, larger coupling areas (lighter curves) induce decay curves with slopes similar to each other, having bending points at higher levels. Increasing the coupling area asymptotically would lead to a large single volume, providing a straight energy decay curve. However, a slight double slope could be obtained as it has been observed in single volume halls because of the inhomogeneity of absorbing material distribution throughout space. 35 Decreasing the coupling area asymptotically would create a smaller single volume room.
Quantification of the calculated and measured decay curves is presented in Fig. 9 and in Table V , showing the range of variation of acoustical parameters as a function of coupling area, with measurement results available for only two of the coupling areas. The early and late decay times (DT 1 and DT 2 ), averaged over the six receiver positions in Table V , show various tendencies. With increasing coupling area, DT 1 increases and DT 2 decreases. A variation span of 0.8 and 2.1 s for the analytical model, and 0.7 and 2.8 s for ray-tracing simulations due to coupling area was observed. Considering the smallest values, relative variations of 50% and 39% are obtained for DT 1 ; 64% and 86% for DT 2 , for the analytical model and ray-tracing simulations, respectively. These relative variations are much higher than the perceptual threshold for RTs above 1 s, as reported by Seraphim 36 for single slope reverberation, which is 5% of the RT value. Hence, the change in sound field induced by such modifications of the coupling area is certainly audible and can be used to alter the audible environment.
Bending point time and level are also modified by the coupling area changes. Increasing the coupling area causes the bending point time to arrive earlier and consequently the bending point level to be higher (Fig. 9 ). This variation pattern has been observed with the source-receiver distance variations in Fig. 6 while decay times did not vary much since global absorption was unchanged in the two volumes. In actuality, changing the coupling area modifies the wall surface in each volume and thus alters the inner total absorption. Therefore, decay times for each receiver vary more as a result of changes in coupling area than due to modifying the source-receiver distance. BP t shows particularly good agreement, both in terms of low rms deviations and evolution tendency. The latter is also true for BP L , although measurement results showed globally lower levels. In addition, parameter values at S c /S 1 ¼ 1% can be compared to those in Sec. IV B presenting the analytical model, where the same coupling area was used. The observed parameter values are not exactly identical, although discrepancies are small (similar to standard deviation values in the series of 30 receivers, presented in Table III ). Differences are likely due to differences in source position, which modifies the distance between source and coupling area, changing the amount of energy which enters the reverberation chamber, and more generally alters the temporal and spatial distribution of sound reflections within the space.
V. DISCUSSION
Comparing the proposed analytical model with other methods for estimating coupled sound fields characteristics, e.g., ray-tracing used in this study or finite element method used in previous research, 17 leads to several advantages and drawbacks. The room's geometry is taken into account through the diffusion coefficient which depends on the mean free path. This coarse descriptor of the space is less precise than a ray-tracing model but contributes to the fact that the proposed method requires much shorter calculation times. Frequency dependence is found in the definition of absorption coefficients, in the same manner as for ray-tracing methods, but different than wave-based methods where complex wall impedances are defined. Calculation of impulse responses at every position in the space is not required since a solution equation is used as opposed to a partial differential equation and issues relating to mesh geometry encountered in wavebased methods are avoided. Certain physical details can be missed since the method is based on statistical acoustics, which considers global absorption, and diffraction does not appear in the proximity of edges. Although distance between source, receiver, and coupling area is taken into account, distance from a receiver to the walls does not influence the results, which can be an issue in certain cases. However, comparisons performed here show that the proposed model provides a level of reliability comparable to the ray-tracing method, particularly for S c /S 1 > 2% as shown in Fig. 9 and mentioned in Sec. IV C, and it would be interesting to conduct further comparisons with wave-based methods. The range of available coupling areas in real halls being up to 10% of the main room surface area or more, the typically used coupling area is larger than 2% in order to let a sufficient amount of sound energy enter the chamber. Hence, the range of coupling area where comparisons are in agreement in this study meets the used range in real coupled volume concert halls.
In the proposed model, the coupling area is represented as a single point, alternatively acting as receiver and secondary source. This representation can be an issue when the coupling area is large compared to the distance to the primary source or receivers. An alternative modeling would consist in discretizing the surface by a number of distributed points which receive and return sound energy from one volume to the other. This coupling area modeling would be closer to reality in coupled volume concert halls, where coupling areas are composed of several doors, opened next to each other in an enormous multitude of possible combinations.
VI. CONCLUSION AND PERSPECTIVES
The proposed model of sound energy behavior adapted to coupled spaces allows for estimating both temporal and spatial components of sound fields. Accounting for architectural data, this model based on the diffusion equation enables estimation of sound energy levels under steady state excitation at any point within the considered space as well as temporal sound energy decays corresponding to stopped source excitation. This model has been compared to scale model measurements and ray-tracing simulations for validation. Comparisons were performed on acoustical parameters which describe multi-slope energy decays as well as total energy level. Several acoustical issues are tested with the three different methods: The influence of distance between sound source, receiver, and coupling area as well as coupling area variations. Through rms deviation analysis, the analytical model was generally found to lie between measurements and ray-tracing simulations in the generally used range of coupling area, showing a sufficient level of reliability and accuracy to handle the general prediction of sound field behavior in coupled spaces. Possible applications of the proposed analytical model are mainly prediction tools for acoustical designers who build spaces as well as operators of such spaces, e.g., concert hall managers. These can consist in quantifying sound fields in coupled volume concert halls or sound levels in large factories with noisy engines in several connected rooms. However, since statistical acoustics is used, the proposed analytical model can be applied to large volumes only, where the Schroeder frequency 37 is low, and does not allow for considering modal behavior in smaller volumes, as often encountered in recording studios. One can also imagine using this model to rapidly synthesize room impulse responses by applying the temporal decays generated by the present procedure to noise, with varying position and coupling details, as has been previously proposed. 38 This allows performing auralization in virtual coupled spaces, which could be used in architectural design and virtual reality applications for providing realistic real-time sound field behavior at a low computational cost.
Further research includes testing various conditions of sound absorption in each room in order to study the influence of initial individual RT on the coupled impulse response. An implementation of more general cases could be performed, with several coupling areas between the main room and different reverberation chambers. Furthermore, comparisons could be performed between this analytical approach and methods of numerical resolution, in particular regarding the spatial distribution of absorption throughout a room.
